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tering problems can 
be solved with a DSP 
chip and some fancy soft- 
ware. An analog filter often does a bet- 
ter job and needn't be hard to design. 

In an electronics world dominated 
by digital processing it's easy to forget 
that analog filters still have a part to 
play. Digital filters are compact, their 
performance is closely specified, and 
they can implement filter types that 
simply don't exist in the analog 
domain. Unfortunately, they process 
numbers not signals. 

THE LIMITS OF DIGITAL 

Before you can use a digital filter, 
you have to convert real-world signals 
into numerical form. Analog-to-digital 
conversion has a limited resolution and 
dynamic range. It also introduces quan- 
tization noise. The filtered result often 
must be converted back to analog form 
before it can do anything useful. But, 
D/A conversion introduces more 
errors and generates a spurious high- 
frequency output; this could defeat 
the original object of the filter. 

The whole process — sampling, pro- 
cessing, and reconversion — depends on 
clock frequency. Not only does this 
limit the highest input frequency that 



can be handled, it also introduces alias- 
ing, a phenomenon with no equivalent 
in an analog filter. Aliasing arises 
because sampling the input inherently 
converts signals and noise from fre- 
quencies higher than the sampling rate 
into the frequency band of interest. 
Unless frequencies higher than half of 
the sampling rate are filtered out of 
the input signal before conversion, 
they appear distorted in the output. 

The reverse process occurs during 
the output conversion. Wanted signals 
are aliased into the frequency region 
higher than the output clock rate. 
Thus, a practical digital filter may 
require analog filters both at its input 
and output to do its job. That's when 
you have to ask yourself whether or 
not it would be simpler and less expen- 
sive to stay in the analog domain. 

WHY FILTER? 

A filter passes the band of frequen- 
cies in which your signal of interest 
lies and rejects noise and interfering 
signals. For example, radio receivers 
use narrowband intermediate frequen- 
cy filters to pick out just one signal. 
Filters also can shape signal wave- 
forms to adapt them for further pro- 
cessing. Space data receivers use 
pulse-shaping filters to maximize the 
output signal-to-noise ratio. 

Filters can be built to pass only low 
frequencies, only high frequencies, or 
a band of frequencies. You can build a 
notch filter that passes all frequencies 
except a particular one. Filters can be 
passive (i.e., containing only induc- 
tors, capacitors, and resistors) or they 
can be active, using amplifiers and 
feedback connections. 

CLASSIC FILTERS 

Analog filters used to be designed as 
if they were matched transmission 
lines. Many inductors and capacitors 
were connected together with a termi- 
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Table 1— Component values for a four-pole LCR filter 
are normalized to -3 dB at 1 rad/s. 



As the ever-changing 
tech market continues 
to top itself, Tom 
reminds us not to for- 
get the classics. Right 
now, all eyes are on 
digital processing, but 
analog filters are still 
useful. After hearing 
about the various 
types and benefits, 
you'll find analog fil- 
ters simple to boot. 
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nation resistor at one end. The 
more inductors and capacitors 
you added, the sharper you 
could make your filter discrim- 
inate between wanted and 
unwanted signals. Filter design 
became complicated. Most 
engineers simply looked up 
pre-calculated designs in a 
huge book that gave the com- 
ponent values and performance 
of each configuration. 

Inductance/capacitance (LC) 
filters for audio frequencies were 
bulky and expensive. The early equip- 
ment to frequency-multiplex many 
phone lines on one cable needed fer- 
rite-cored inductors up to 2" in diame- 
ter. Then, in the 1950s, two engi- 
neers, R. P. Sallen and E. L. Key, dis- 
covered how to make low-pass filters 
from resistors, capacitors, and unity- 
gain (cathode-follower) amplifiers. 
The introduction of these active fil- 
ters greatly decreased the size of tele- 
phone exchange equipment. 

Active filters are easier to design, 
build, and tune than traditional LC 
filters. Because they incorporate buffer 
amplifiers, sections can be linked in 
series without mutual interaction. 
The basic Sallen and Key filter shown 
in Figure 1 is a two-pole, low-pass 
stage, an ideal building block for many 
filter designs. Figure 2 shows how it 
behaves as the damping is changed. 
To get predictable results, the buffer 
amplifier must have a bandwidth 
many times greater than the filter. 

Active filters have two limitations, 
they can't easily be made to work 
above about 50 MHz and they can be 
overloaded by interfering signals. If 
there's a 1 OOOx stronger interfering 
signal on a frequency near your want- 
ed signal, a passive filter could sepa- 
rate the two. In an active filter, the 
strong signal would saturate the 
amplifier, destroying the smaller signal. 

FILTER TYPES 

Early filter designers were working 
with audio modulation of radio fre- 
quency carriers, so generally they 
wanted to pass a narrow range of fre- 
quencies while rejecting all others. 
Their ideal was the brick wall filter 
and much ingenuity went into 




Figure 1— The basic Sallen and Key filter has two Doles. This filter can be 
designed for a variety of comer frequencies and damping factors and is 
easily assembled into multi-pole filters. 



approximating it. These days we more 
often transmit broadband digital sig- 
nals. Preserving the signal shape is 
more important than sharply chop- 
ping off high frequencies. 

This brings us to Murphy's Law of 
filters: A filter with sharp frequency 
cutoff causes ringing, which distorts the 
shape of the signal. To get clean rising 
and falling edges, you must use a con- 
stant delay (a.k.a., linear phase) filter. 
This has a rounded frequency response. 

There is a compromise. You can 
build a sharp cutoff filter and follow it 
with an all-pass filter, which has no 
effect on the amplitude of a signal but 
does phase shift and delay it. A sharp 
cutoff filter has a low delay at low fre- 
quencies but a high delay near the cut- 
off frequency. You can add an all-pass 
filter with a high delay at low frequen- 
cies to equalize the delay. Equalization 



can easily double the complexity 
of a filter so it's not done unless 
you absolutely must have both 
a sharp cutoff and constant 
delay. (Uniform delay makes 
digital filters popular.) 

The basic filter is a low-pass 
filter that removes high fre- 
quencies from the signal. If you 
want a high- or band-pass filter, 
you usually start by designing 
a low-pass filter, then trans- 
form it mathematically to give 
the configuration and component val- 
ues for the filter you want. Over the 
years, people invented filters having 
different characteristics, each opti- 
mized for a different task. These clas- 
sic filters are known by the names of 
their inventors — Butterworth, Bessel, 
Paynter, and Chebychev. The excep- 
tion is the elliptical filter. 

The Butterworth filter is the basic 
low-pass filter. It has a flat response 
up to its cutoff frequency and then 
rolls off smoothly. But, it distorts the 
signal edges by introducing ringing. If 
signal shape is important, the best fil- 
ter is the Bessel filter. This filter has a 
constant delay for all frequencies 
below its cutoff frequency. Although 
it delays and rounds a signal, it does- 
n't change its fundamental shape. 
Unfortunately, achieving this delay 
characteristic forces it to roll off slow- 
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Figure 2— The amplitude response and delay of a Sallen and Key filter vary with the damping factor. The product 
of the two capacitors sets the comer frequency and their ratio controls the damping. 
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Figure 3— Four-pole Bessel and Butterworth filters are compared here. The Butterworth filter has a sharper comer 
and the Bessel filter has a constant delay. 



ly. Frequencies below -3 dB are atten- 
uated more than in a Butterworth fil- 
ter. Frequencies above the cutoff fre- 
quency are attenuated less. Figure 3 
contrasts these two filters. 

You can use an Chebychev or ellip- 
tical filter if you want a sharp fre- 
quency cutoff. The elliptical filter 
achieves a sharper cutoff at the price of 
a low-frequency response that isn't 
flat. The Chebychev filter uses one or 
more notch sections to achieve a sharp 
cutoff. This can be useful when there 
is a particular frequency, such as a 
carrier, which you want to eliminate. 
Both of these filters have a dreadful 
effect on the shapes of pulses. 

BUILDING FILTERS 

Mathematically the behavior of a 
filter can be expressed by the ratio of 
two polynomials in s, the operator 
that represents differentiation with 
respect to time. The phase and ampli- 
tude response of the filter can be 
derived by replacing s with /co, where 
/ is the square root of -1 and w is 2k 
times the frequency in hertz. 

In a low-pass filter, the numerator 
is usually unity. The highest power of 
s in the denominator governs the ulti- 
mate rate at which the filter response 
falls with frequency. The asymptotic 
slope is 6 dB per octave times the 
highest power of s. 



For mathematical reasons, the high- 
est power of s in the denominator is 
referred to as the number of "poles" 
of the filter and the highest power of s 
in the numerator is the number of its 
"zeros." These numbers make a handy 
way of classifying filters,- for example, 
a filter with only poles is a low-pass 
filter. The more the number of poles 
exceeds the number of zeros, the 
steeper the ultimate filter response. 
Unfortunately, increasing complexity 
makes the filter performance critical- 
ly dependent on the precise compo- 
nent values. Eight poles represent the 
practical limit for most purposes. 

The constants multiplying the pow- 
ers of s can be derived from the com- 
ponent values and, with somewhat 



more difficulty, the component values 
can be calculated from the polynomi- 
als. Analysis programs such as the 
shareware program XFUNC simplify 
these conversions immensely. Micro- 
Cap IV also is helpful in analyzing the 
performance of filters. 

NORMALIZATION 

The idea behind normalization is 
that you don't have to design every 
filter from scratch. For any given con- 
figuration, you compute the compo- 
nent values once for some standard 
frequency and impedance. For exam- 
ple, you can select 1 rad/s or 1 Hz as 
the standard frequency and 1 Q as the 
standard impedance. If you use 1 rad/s 
as the reference, the numerical values 
often turn out to be ratios of small 
integers. This is the standard I used, 
although using 1 Hz may be handier 
in practice. It is useful to normalize 
low-pass filters to unity DC gain (in 
other words, the numerical term in 
the denominator is unity). 

A filter for any particular applica- 
tion can be calculated quickly from 
these standard values. First, the 
inductor and capacitor values are 
divided by the desired frequency (in 
radians per second). Next, the induc- 
tor and resistor values are multiplied 
by the desired impedance and the 
capacitor values are divided by the 
impedance. Of course, the values you 
get rarely correspond to conveniently 
available components, but often it's 
possible to juggle the impedance to 
make at least the capacitor values 
come out right. Tunable inductors are 
common enough components. 
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Four-pole Butterworth: 
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s J ♦ 1.41421s ♦ 1 



Two-pole 



Four-pole Bessel: 



(s J + 0.76537s + l)(s 2 + 1.84776s + l) 



1 



0.618035* ♦ 1.36165s * 1 



( 0.38899s 2 ♦ 0.77425s *l) ( 0.48890s 2 ♦ 1.33966s + l) 



CI - 1.41421 
C2 - 0.7071 1 



CI - 2.61313 
C2 - 0.38268 
C3 - 1.08239 
C4 - 0.92388 



CI - 0.68083 
C2 - 0.90777 



CI - 1.00481 
C2 -0.38713 
C3 - 0.72989 
C4 - 66983 



Figure 4— Equations and capacitors for active filters are normalized to -3 dB at 1 rad/s. 
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Figure 5— For fixed frequency applications, this four-pole LC filter is particularly easy to design. It must be driven 
from a current source and be followed by a voltage buffer. 



DESIGNING FILTERS 

Both the simple LCR filter and basic 
active filter have two poles. In most 
cases, a multi-pole filter can be syn- 
thesized from a series of two-pole sec- 
tions. If you want a filter with an odd 
number of poles, you must add an extra 
RC roll-off. If the denominator of a fil- 
ter can be factored into quadratic | two- 
pole) terms, the design becomes easy. 
Whereas LCR filters can't be readily 
stacked in series, active filters can be. 

Figure 4 gives the equations and the 
normalized component values for two 
types of two- and four-pole active fil- 
ters. I recalculated all the values from 
the first principles (published tables 
sometimes contain significant inaccu- 
racies). Of course, component tolerances 
create errors of a few percent. These 
generally don't matter, but it's com- 
forting to start from reliable inputs. 

The equations are given for a fre- 
quency of 1 rad/s. Take this into account 
when calculating the component values 
for a particular frequency. Suppose you 
wanted a two-pole Butterworth filter 
with a -3-dB frequency of 10 kHz and 
decided that 10 kfi would be a nice 
resistor value. (By the way, changing 
the 1:1 ratio of the resistors changes 
the damping factor, but usually isn't 
worth the bother.) 

For a Butterworth filter, the damp- 
ing factor (Z) is 0.7071, 

J_ 

The normalized product of the capaci- 
tors is 1 and their ratio is 1:2. That is, 
if the resistors are 1 CI and the corner 
frequency is 1 rad/s, then CI is 
0.707 IF and C2 is 1.4142F. 



Actually, you want the corner fre- 
quency to equal 10 kHz, 62,832 rad/s. 
To calculate the real capacitor values, 
you divide the normalized values by 
62,832 to get to 10 kHz and by anoth- 
er 10,000 to make the resistors 10 kn. 
These calculations make CI = 1125 pF 
and C2 = 2251 pF, both reasonable 
values. In practice, you would use, 
say, 2200-pF capacitors for C2 and 
1000-pF and 100-pF capacitors in par- 
allel for CI. The resistors should be 
changed to 10.2 kn to compensate for 
the capacitors' values. 



INPUTS AND OUTPUTS 

Most textbook filter designs assume 
that the input and output of the filter 
are voltages. Some configurations con- 
vert currents to voltages or vice versa. 
This is helpful when the related equip- 
ment supplies or requires a current. 
Fast DAC chips have current outputs 
and may need filtering to remove steps 
at the clock frequency. That's when a 
current-to-voltage filter is useful, par- 
ticularly because the output capaci- 
tance of the DAC chip can be absorbed 
into the filter's input capacitance. 

The same trick is handy when put- 
ting an anti-aliasing filter in front of a 
flash ADC. The ADC's input capaci- 
tance, which would otherwise be a 
significant load on the driving circuit, 
becomes an inherent part of the filter. 

The classic two-pole passive LCR 
filter is a transimpedance device that 
converts a current to a voltage or vice 
versa. The current is treated as a volt- 
age because it flows through the resistor. 

Two LCR stages put back to back, 
sharing a common damping resistor, 
results in a practical four-pole filter 
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amplifier to drive whatever follows it. 
Figure 5 shows this useful filter. You 
may recognize it as the one I used on 
the DAC output of my NCO genera- 
tor project {Circuit Cellar 89, 90). It is 
easy to design because the resistor 
effectively isolates the two halves of 
the filter. Table 1 shows the normal- 
ized component values for this filter. 

TUNING FILTERS 

So far I've been assuming that the 
filter components never change. When 
equipment must operate over a range 
of input frequencies, you need a tun- 
able filter. Luckily the Sallen and Key 
configuration is readily tuned by 
changing its two resistors in unison. The 
tuning can be electrically controlled 
over several decades. One way to do it 
is by using CdS photoresistors illumi- 
nated by LEDs as the tuning elements. 

You do not need to use variable 
resistors. A switched-capacitor filter 
emulates the resistors by sending 
pulses of charge through capacitors. 
Changing the pulse rate changes the 
filter's cutoff frequency. 

The most versatile tuning compo- 
nents are analog multiplier chips. [1] 
Many have a voltage input and cur- 
rent output, which are ideal for driv- 
ing an integrator. Two integrators in 
the so-called "state variable" configu- 
ration make a versatile two-pole fil- 
ter. It has simultaneous high-, band-, 
and low-pass outputs. These can be 
combined to make special-purpose fil- 
ters such as a tunable notch filter. 
Changing the control voltage applied 
to the multipliers linearly tunes the 
cutoff frequency. Multiplier chips 
often have differential inputs that can 
simplify the filter. [2) 

Any of these devices are capable of 
controling the cutoff frequency of a 
filter over one or two decades. Wider 
ranges can be achieved by switching 
the tuning capacitors with relays or 
analog switches. I have designed 
equipment that incorporates pulse- 
shaping filters tunable over a six- 
decade range. [3| Traditionally, active 
filters were limited to cutoff frequen- 
cies less than 100 kHz. With modern 



FILTERED OUT 

I can't cram a filter design course 
into one article, but I hope I've given 
you an understanding of what types of 
analog filters exist and what they can 
do. The best sources for more infor- 
mation are trade magazines and appli- 
cation notes. With one exception, The 
Art of Electronics, there's a void in 
the textbook market. [5] Many books 
discuss the elementary LCR filter. 
Beyond those are the highly mathe- 
matical theoretical treatments, which 
overlook that someone might actually 
want to build a filter for a real appli- 
cation. One last thing I should tell 
you is that practical topics like filters 
that use nonideal auxiliary compo- 
nents or nonstandard configurations 
are omitted from both sources. S 

Tom Napier was a principal engineer 
in the Signal Recovery Group of 
Aydin Corp. He designed tunable 
pulse shaping filters into the single- 
board bit synchronizer selected by 
NASA for use in Space Shuttles. He is 
now a consultant and writer. 
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